A semi-automatic analysis-synthesis scheme that can be viewed as a "manual formant vocoder" is described. A human operator makes decisions about formant positions on processed speech data. The parameters which result from the operator decisions are used to control a four-pole parallel synthesizer. Speech processed by the system had an error rate of 4.2% for vowels and 16.9% for consonants.
INTRODUCTION

HIS paper describes a method for speech analysis
that is an outgrowth of an attempt to do speech synthesis by rule using a terminal analog synthesizer. In speech synthesis by rule, the rules accept an input string of phonemes and, based on the input string, generate control parameters that can then be used to control a speech synthesizer. The synthetic speech produced by the synthesizer can be subjected to various measures to determine its validity, but the ear must be the final criterion. However, the ear does not indicate in an explicit way wherein the control parameters may be improved. We feel, therefore, that being able to compare control data generated by rules with those extracted from the real speech of some talker can be a useful guide.
Our approach is similar to that of Holmes, Mattingly, and Shearme, • who started with a set rules and then modified these rules, guided by spectrographic analysis and listening. However, a basic difference between our approach and that of Holmes et al. is that, in their case, one knows the general bounds of the control parameters and tries to write and modify rules that will generate satisfactory control parameters within these bounds; whereas in our case, one uses analysis to derive detailed control parameters and tries to write rules that will generate these parameters. (The latter scheme has the characteristic of being closely related to the particular speaker whose speech is analyzed.) To implement our scheme, it was necessary to perform some extensive analysis on natural speech in order to determine detailed control parameters with which to compare rulegenerated control parameters. We attempted, therefore, to determine control parameters (e.g., formant frequencies, formant amplitudes, and voicing frequency) sufficient to generate intelligible speech. We have not yet attempted to write rules that will give rise to similar control parameters.
We chose a terminal analog synthesizer because of the comparative ease of obtaining and modifying its control parameters. Of the two alternative configurations for terminal analog synthesizers (a cascade or a parallel combination of simple resonators), we chose the parallel combination of resonators for the following reasons: (1) The cascade combination of resonators requires some additional circuitry or some special configuration of the cascade circuitry for the synthesis of certain consonants; whereas the parallel combination of resonators can, at least in principle, handle consonants in the same manner as it handles vowels. (2) For modeling filters on a digital computer, there is no cumulative overflow problem with the parallel combination of resonators as there is with the cascade combination.
(3) When a pole is moved by a discrete amount, noise resulting from this discrete change will propagate into the skirts of the pole. In a parallel synthesizer, this noise will tend to be masked by adjacent poles; whereas in the cascade synthesizer this noise will tend to be enhanced by each succeeding pole in the cascade.
In a sense, the parallel arrangement assumes that the speech pressure waveform can be encoded by specifying the frequency positions and amplitudes of the major peaks in the pressure spectrum. Whether the spectrum peaks result primarily from the vocal-tract configura- A particular semi-automatic method of analysis for determining formant information from natural speech is described. An important feature of the system is that it is a single-pass system--i.e., no iterative procedures like those in analysis-by-synthesis are used to aid in the determination of formant positions. On the other hand, the method has many arbitrary aspects and claims to be neither unique nor optimum. The scheme (including both analysis and synthesis) can be viewed as a "manual formant vocoder," in which decisions about formant positions are made by a human operator on processed speech data. It is felt that this is a useful approach because the human operator can presumably make more plausible decisions than can any automatic method presently available. Furthermore, it gives the human operator an opportunity to study, at least qualitatively, the kinds of decisions that an automatic procedure would be required to make and may therefore give rise to better means for automatic formant extraction. The adequacy of the scheme was tested by subjecting the synthetic speech (which results from controlling a synthesizer with the control parameters from the analysis) to an intelligibility test.
EXPERIMENTAL PROCEDURE
The basic elements of the analysis appear in Fig. 1 . A 2-sec sample of digitized speech (low-pass filtered at 5000 cps and sampled 10 000 times sec) is processed through each of 100 computer-simulated channels.
Each channel consists of a bandpass filter, followed by a full-wave rectifier and "low-pass filter." Each bandpass filter is a two-pole filter with a bandwidth of 40 cps at the 3-dB points. These were simulated in the computer by using the method of z transforms. The 40-cps bandwidth was chosen so that the analysis results would correspond roughly to a "narrow-band" spectrogram and so that the voicing harmonics for male speech could be resolved. The center frequencies of the bandpass filters are set to [40N-20-] cps, where N is the channel number (N-1, 2, ---, 100). The low-pass filters for all 100 channels are synchronously sampled at 10-msec intervals (where each low-pass filter simply determines the maximum value of the wave coming from the full-wave rectifier during the sampling interval), and the 100 amplitudes are converted to decibels (in •-dB steps) and stored. The 100 values can be thought of as specifying a "narrow-band section" at 40-cps intervals in the frequency domain, an example of which is shown in Fig. 2 . The time sequence of these "narrowband sections" at 10-msec intervals then gives some description of the speech wave.
A technique that has characteristics of techniques described by Noll 2 and by Schroeder and Noll 3 is used to determine the fundamental frequency and a "wide- With F0 positive, a pulse train having a flat spectrum is generated by the excitation source, while noise having a flat spectrum is generated when F0 is minus zero. Several sentences were processed with the system. Spectrograms of the natural and synthetic versions of the utterance Robby will like you daddy-oh, are shown in Fig. 8. Figure 9 shows spectrograms of "Joe took father's shoe bench out." For both utterances, there is substantial correlation between the spectrograms of the natural and synthetic utterances.
II. RESULTS AND DISCUSSION
The vowel list and consonant lists A and B of
Griffiths' modified rhyme test 4 were recorded for one speaker (WKW in the original paper). The speech was processed by the analysis-synthesis system and the resulting synthetic speech was presented binaurally to 10 auditors via Telephonics TDH-39 headphones. A total of 150 words was presented to each auditor (50 words in each of the three lists), and each auditor made one judgment on each word (for a total of 1500 judgments for all auditors). Each time a word was presented, the auditor was required to identify it as one of five words on a list that he had before him. The words were presented at the rate of 1 every 5 sec, with a 10-sec silence after each tenth word.
Of the 50 words in the vowel list, 39 were identified by all 10 auditors as the words intended, seven were identified incorrectly by only one auditor, and four were identified incorrectly by two or more of the 10 auditors. Table I summarizes the auditor responses to the four words for which two or more errors were made.
The "Spoken" column in the table lists the sounds that were uttered by the speaker. The "Responded" column lists all the sounds that were believed heard when a particular spoken sound was presented; the number in parentheses is the number of times (out of 10 possible) that the particular sound was believed heard. (When a "1" appears in parentheses, the response is not considered significant.) The "Environment" column shows the phonetic environment in which the intended sound was presented. The "Other Contrasts" column lists the other sounds that were possible responses (there being only five permissible responses for each utterance). There was a total of 21 errors out of a possible 500 (50 words and 10 auditors) for the vowels.
Of the 50 words from Lists A and B that contrast initial consonants, 24 were identified by all 10 auditors as the words spoken, seven were identified incorrectly by one auditor, and 19 were identified incorrectly by two or more auditors. The auditor responses for the latter 19 words are presented in Table II. Line 1 of  Table II ( 
III. CRITIQUE
The analysis-synthesis scheme described herein has an error rate of 4.2% for vowel sounds (21 errors in 500 presentations) and an error rate of 16.9% for consonant sounds (169 errors in 1000 presentations). A subjective evaluation of the synthetic speech, along with the intelligibility results, leads to the conclusion that the synthetic speech could be improved by more attention to details in the analyzer and synthesizer. In other words, the basic form of the analysis-syhthesis technique has not been fully exploited.
One comment has been that the synthesizer has too little low-frequency energy in voiced sounds. This might be remedied, in part, by removing the firstformant zero at the origin. In the configuration reported here, all four formants had 5eros at the origin. It seems clear, from an examination of many wideband sections, that an additional pole should be included in the synthesizer to accomodate nasals more realistically. A discrepancy between the natural and synthetic versions of /n/ in "bench" can be seen in Fig. 9 . The lowest-frequency pole in the synthesizer acts as the first formant of the vowel and then jumps abruptly to accomodate the nasal, whereas in reality, the pole in the vowel should be slowly reduced in amplitude while a pole for the nasal is slowly increased in amplitude.
And finally, although not a part of this experiment, the development of an automatic scheme for extracting formant data is of interest. In principle, one should be able to write algorithms that will extract formant data. These algorithms may involve consideration of such things as spectral peaks, the frequency region within which a particular formant is allowed, and so on. We have taken a step in this direction by partially implementing an automatic method, but no intelligibility tests have been run to date. We feel that additional insights into the problem of automatic extraction can be gained from further refinement and application of the semi-automatic method described herein.
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